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WHAT IS CLAIMED IS: 

1. A speech signal decoding method for decoding information 
concerning at least a sounci source signal, gain and linear 
prediction coefficients ftfom a received signal, generating an 
excitation signal and I irfear prediction coefficients from 
decoded information, and/dr iving a filter, which is constituted 
by the linear prediction coefficients, by the excitation signal 
to thereby decode a speech signal, comprising: 

a first step of/smoothing the gain using a past value of 
the ga i n ; 

a second step/of limiting the value of the smoothed gain 
based upon an amount of fluctuation calculated from the gain and 
the smoothed gain; and 

a third step of decoding the speech signal using the gain 
that has been smoothed and limited. 

2. A speech s/ignal decoding method for decoding information 
concerning an /excitation signal and linear prediction 

coef f i c i en ts /f rom a received signal, generating an excitation 

/ 

signal and l/inear prediction coefficients from the decoded 

/ 

information/ and driving a filter, which is constituted by the 
linear prediction coefficients, by the excitation signal to 
thereby de/code a speech signal, comprising: 

a fii/st step of deriving a norm of the excitation signal 
at regu I sjr intervals; 

a second step of smoothing the norm using a past value of 
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the n&rm; 

a\ third step of limiting the value of the smoothed norm 
based upon an amount of fluctuation calculated from the norm and 
the smoiothed norm; 

a fourth step of changing the amplitude of the excitation 
signal in said intervals using said norm and the norm that has 
been smoothed and limited; and 

a fifth step of driving the filter by the excitation signal 
the amplitude of which has been changed. 

3. A speech signal decoding method for decoding information 
concerning an excitation signal and linear prediction 
coefficients from a received signal, generating the excitation 
signal and the linear prediction coefficients from the decoded 
information, and driving a filter, which is constituted by the 
linear prediction coefficients, by the excitation signal to 
thereby decode a speech signal, comprising: 

a first step of identifying a voiced segment and a noise 
segment with regard to the received signal using the decoded 
information; 

a second step of deriving a norm of the excitation signal 
at regular intervals in the noise segment; 

a third step of smoothing the norm using a past value of 
the norm; 

a fourth step of limiting the value of the smoothed norm 
based upon an amount of fluctuation derived from the norm and 
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the smoothed norm; 




a fifth step of changing the amplitude of the excitation 
signal in said intervals using thef norm and the norm that has 
been smoothed and limited; and/ 

a sixth step of driving th/fiiter by the excitation signal 
the amplitude of which has i)een changed. 

4. The method according 10 claim 1, wherein the amount of 
fluctuation is represented by dividing an absolute value of a 
difference between the/gain and the smoothed gain by the gain, 
and the value of the Smoothed gain is limited in such a manner 



that the amount of fluctuation will not exceed a predetermined 



threshold value. / 

5. The method according to claim 2, wherein the amount of 



fluctuation is represented by dividing an absolute value of a 
difference between the norm and the smoothed norm by the norm, 
and the value/of the smoothed norm is limited in such a manner 
that the amount of fluctuation will not exceed a predetermined 
threshold Waiue. 

6. The meyrhod according to claim 3, wherein the amount of 
fluctuation is represented by dividing an absolute value of a 
difference between the norm and the smoothed norm by the norm, 
and thewalue of the smoothed norm is limited in such a manner 
that thfe amount of fluctuation will not exceed a predetermined 
threshold value. 

7. T h/e method according to claim 2, wherein the excitation 
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signal in said intervals is divided by the rvorm in said intervals 
and the quotient is multiplied by the/smoothed norm in said 
intervals to thereby change the amplitude of the excitation 
s i gna I . 

8. The method according to ckiim 3, wherein the excitation 
signal in said intervals is d p ided by the norm in said intervals 
and the quotient is multiplied by the smoothed norm in said 
intervals to thereby change the amplitude of the excitation 

s i gna I . / 

9. The method according to claim 1, wherein switching between 
use of the gain ar/d use of the smoothed gain is performed in 
accordance with/an entered switching control signal when the 
speech signal /is decoded. 

10. The method according claim 2, wherein switching between use 
of the excitation signal and use of the excitation signal the 
amplitude jbf which has been changed is performed in accordance 
with an entered switching control signal when the speech signal 
is decoded. 

1 1 . Tile method according claim 3, wherein switching between use 
of t h is excitation signal and use of the excitation signal the 
amplitude of which has been changed is performed in accordance 
wityn an entered switching control signal when the speech signal 
is/ decoded 

1/2. A speech signal encoding and decoding method comprising the 
/steps of: 
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encoding an input speech signal M expressing the input 
speech signal by an excitation sign/1 and linear prediction 
coef f i c i ents ; and 

performing decoding by the/speech signal decoding method 
set forth in claim 1. 

13. A speech signal en cod i i^g and decoding method comprising the 
steps of: 

encoding an input/speech signal by expressing the input 
speech signal by an ^excitation signal and linear prediction 
coef f i c i ents ; and 

performing decoding by the speech signal decoding method 
set forth in clafim 2. 

14. A speech s/gnal encoding and decoding method comprising the 
steps of : 

encoding an input speech signal by expressing the input 
speech sig/ial by an excitation signal and linear prediction 
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coefficients; and 

per/forming decoding by the speech signal decoding method 
set f ot/th in claim 3 

15. H speech signal decoding apparatus for decoding 
info/mation concerning at least a sound source signal, gain and 
linear prediction coefficients from a received signal, 
generating an excitation signal and linear prediction 
coefficients from the decoded information, and driving a fi Iter, 
ich is constituted by the linear prediction coefficients, by 
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the excitation signal to thereby decode a/speech signal, 
comp r i s i ng : / 

a smoothing circuit smoothing the^gain using a past value 
ofthegain;and / 

a smooth rng-quant i ty limiting circuit limiting the value 
of the smoothed gain based upon an amount of fluctuation 
calculated from the gain and/the smoothed gain. 
16. A speech signal decod/ng apparatus for decoding 
information concerning a/ exc i t a t i on signal and linear 
prediction coefficients/from a received signal, generating the 
excitation signal and/linear prediction coefficients from the 
decoded information, / and driving a filter, which is constituted 
by the linear prediction coefficients, by the excitation signal 
to thereby decoded a speech signal, comprising: 

an excitat /on-signal normalizing circuit deriving a norm 
of the excitat/ion signal at regular intervals and dividing the 
excitation s/gnal by the norm; 

a smoothing circuit smoothing the norm using a past value 
of the norm; 

a smooth i ng-quant i ty limiting circuit limiting the value 
of the s/moothed norm based upon an amount of fluctuation 
calcula/ted from the norm and the smoothed norm; and 

a/n excitation-signal reconstruction circuit multiplying 
the smoothed and limited norm by the excitation signal to thereby 
chai/ge the amplitude of the excitation signal in said intervals. 
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17. A speech signal decoding apparatus for decoding 
information concerning art excitation signal and linear 
prediction coefficients flrom a received signal, generating the 
excitation signal and linear prediction coefficients from the 
decoded information, and/ driving a filter, which is constituted 
by the linear predictiory coefficients, by the excitation signal 
to thereby decode a spieech signal, comprising: 

a vo i ced/un vo i cea identification circuit identifying a 
voiced segment and a noise segment with regard to the received 
signal using the decoded information; 

an excitation-signal normalizing circuit deriving a norm 
of the excitation s/gnal at regular intervals and dividing the 
excitation signal by the norm; 

a smoothing circuit smoothing the norm using a past value 
of the norm; / 

a smoo t h i ng-^'quan t i t y limiting circuit limiting the value 
of the smoothed porm based upon an amount of fluctuation 
calculated from the norm and the smoothed norm; and 

an excitation-signal reconstruction circuit multiplying 
the smoothed and I i m i ted norm by the excitation signal to thereby 
change the amplitude of the excitation signal in said intervals. 

18. The apparatus according to claim 15, wherein the amount of 
fluctuation is represented by dividing an absolute value of a 
difference between the gain and the smoothed gain by the gain, 
and the value/of the smoothed gain is limited in such a manner 
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that the amount of fluctuation will not exceed a predetermined 
th r esho I d va I ue. / 

19. The apparatus acco/ding to claim 16, wherein the amount of 
fluctuation is represented by dividing the absolute value of the 
difference between the norm and the smoothed norm by the norm, 
and the value of the smoothed norm is limited in such a manner 
that the amount of fluctuation will not exceed a predetermined 
threshold value. 

20. The apparatus according to claim 17, wherein the amount of 
fluctuation is represented by dividing the absolute value of the 
difference between the norm and the smoothed norm by the norm, 
and the value of the smoothed norm is limited in such a manner 
that the amount of fluctuation will not exceed a predetermined 
threshold value. 

21. The apparatus according to claim 15, wherein the apparatus 
comprises a- switching circuit in which switching between use of 
the gain and use of the smoothed gain is performed in accordance 
with an en/tered switching control signal when the speech signal 
is decoded. 

22. The/apparatus according to claim 16, wherein the apparatus 
comprises a switching circuit in which switching between use of 
the exc'itation signal and use of the excitation signal the 
amplitude of which has been changed is performed in accordance 
with ah entered switching control signal when the speech signal 
is decoded. 
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23. The apparatus according to claim 17, wherein the apparatus 
comprises a switching circuit in which switching between use of 
the excitation signal/and use of the excitation signal the 
amplitude of which hais been changed is performed in accordance 
with an entered switching control signal when the speech signal 
is decoded. 

24. A speech signal encoding and decoding apparatus 
comp r i s i ng : 

a speech signal encoder encoding an input speech signal by 
expressing the input speech signal by an excitation signal and 
linear prediction coefficients; and 

the speech/signal decoding apparatus set forth in claim 15. 



25. A speech/ s i gna I encoding and decoding apparatus 

/ 

comp r i s i ng : / 

r 

a speech' signal encoder encoding an input speech signal by 

/ 

expressing t,'he input speech signal by an excitation signal and 
linear prediction coefficients; and 

the speech signal decoding apparatus set forth in claim 16. 

A speech signal encoding and decoding apparatus 



26. 

comp r i s i n 



a speech signal encoder encoding an input speech signal by 

express i rig the input speech signal by an excitation signal and 

I 

linear prediction coefficients; and 
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the speech signal decoding apparatus set forth in claim 17. 



27. A program product for causing a computer to execute 
processing (a) and (b) below, wherein th^computer constitutes 
a speech signal decoding apparatus fo^ decoding information 
concerning at least a sound sou r ce/s'i gna I , gain and linear 
prediction coefficients from a received signal, generating an 
excitation signal and linear y/eA iction coefficients from the 
decoded information, and driv/inga filter, which is constituted 



h by the linear prediction coefficients, by the excitation signal 

*fi / 

p to thereby decode a speech signal: 

hi / 

ffl 0 (a) processing of performing smoothing using a past value 

L. of a gain and calculaj/ing an amount of fluctuation between the 
gain and a smoothed/gain; and 

(b) processin/g of limiting the value of the smoothed gain 
O in conformity w i / h the value of the amount of fluctuation and 
15 decoding the st/eech signal using the smoothed, limited gain. 
28. A progra/n product for causing a computer to execute 
processing (/a) to (c) below, wherein the computer constitutes 
a speech s/gnal decoding apparatus for decoding information 
concerning an excitation signal and linear prediction 
5 coefficients from a received signal, generating an excitation 
signal and linear prediction coefficients from the decoded 
information, and driving a filter, which is constituted by the 
linear prediction coefficients, by the excitation signal to 
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thereby decode a speech signal 
10 (a) processing of calculating a/norm of an excitation 

signal at regular intervals and smoothing the norm using a past 
value of the norm ; 

(b) processing of limiting the value of the smoothed norm 
in conformity with the value of an amount of fluctuation 

15 calculated from the norm ^nd the smoothed norm; and 

(c) processing of changing the amplitude of the excitation 
signal in said interva/s using the norm and the norm that has 
been smoothed and Mini ted, and driving the filter by the 
excitation signal t/he amplitude of which has been changed. 
29. A program product for causing a computer to execute 
processing (a) t/o (d) below, wherein the computer constitutes 
a speech signa/ decoding apparatus for decoding information 
concerning air exc i t a t i on signal and linear prediction 
coefficient^ from a received signal, generating an excitation 
signal and/linear prediction coefficients from the decoded 
information, and driving a filter, which is constituted by the 
linear prediction coefficients, by the excitation signal to 
thereby decode a speech signal: 

10 /a) processing of identifying a voiced segment and a noise 

segment with regard to a received signal using decoded 
i n f o/r m a t i o n ; 

(b) processing of calculating a norm of an excitation 
signal at regular intervals in the noise segment and smoothing 
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15 the norm using a pastrvalue of the norm; 

(c) processing of limiting the value of the smoothed norm 
in conformity with an amount of fluctuation calculated from the 
norm and the smoothed norm; and 

(d) processing o/f changing the amplitude of the excitation 
20 signal in said inter/vals using the norm and the norm that has 

been smoothed and l/imited, and driving the filter by the 
excitation signal A h e amplitude of which has been changed. 
30. The program product according to claim 27, wherein said 
program product comprises a program for processing of 

representing the f amount of fluctuation by dividing an absolute 

/ 

value of a difference between the gain and the smoothed gain by 
the gain, and l/miting the value of the smoothed gain in such 



a manner that the amount of fluctuation will not exceed a 

predetermined threshold value. 

/ 

31. The progr/am product according to claim 28, wherein said 
program product comprises a program for processing of 
representing the amount of fluctuation by dividing an absolute 
value of a difference between the norm and the smoothed norm by 
the norm, ancj limiting the value of the smoothed norm in such 
a manner that the amount of fluctuation will not exceed a 
predetermined threshold value. 

32. The program product according to claim 29, wherein said 
program product comprises a program for processing of 
representing the amount of fluctuation by dividing an absolute 
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value of a difference between the norm arrd the smoothed norm by 
the norm, and limiting the value of the smoothed norm in such 
a manner that the amount of fluctuation will not exceed a 
predetermined threshold value. 

33. The program product acco/ding to claim 28, wherein said 

program product comprises a program for processing of dividing 

/ 

the excitation signal in ^said intervals by the norm in said 
intervals and multiplying the quotient by the smoothed norm in 
said intervals to thereby change the amplitude of the excitation 
signal. 

34. The program product according to claim 29, wherein said 
program product comprises a program for processing of dividing 
the excitation s/ignal in said intervals by the norm in said 
intervals and m/\ tiplying the quotient by the smoothed norm in 
said intervals^ to thereby change the amplitude of the excitation 
signal. / 

35. The program product according to claim 27, wherein said 
program product comprises a program for processing of switching 
between uie of the gain and use the smoothed gain in accordance 
with an entered switching control signal when the speech signal 
is decided. 

36. l/he program product according to claim 28, wherein said 
progi/am product comprises a program for processing of switching 
between use of the excitation signal and use of the excitation 
sigrial the ampl itude of which has been changed in accordance with 
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an entered switching control signal when/the speech signal is 
decoded. 

37. The program product acco r d i ng^/t o claim 29, wherein said 
program product comprises a program for processing of switching 
between use of the excitation s/gnal and use of the excitation 

signal the amplitude of which has been changed in accordance with 

/ 

an entered switching control signal when the speech signal is 
decoded. / 

38. A program products/comprising a program for causing said 
computer to execute processing of performing decoding by the 
speech signal decod i ng me t hod set forth in claim 1, when an input 
speech signal has been encoded by expressing the input speech 
signal by an excitation signal and linear prediction 

coef f i c i en t s. / 

39. A program^ product comprising a program for causing said 
computer to efxecute processing of performing decoding by the 
speech signa/l decoding method set forth in claim 2, when an input 
speech signal has been encoded by expressing the input speech 
signal by/an excitation signal and linear prediction 

coef f i c iin t s. 

40. A /program product comprising a program for causing said 
computer to execute processing of performing decoding by the 
speecyn signal decoding method set forth in claim 3, when an input 
speech signal has been encoded by expressing the input speech 
signal by an excitation signal and linear prediction 
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coef f i c i en t s. / 

41. A speech signal decoding appa r a t yi comp r i s i ng : 

(a) a code input circuit splitting code of a bit sequence 
of an encoded input signal that enters from an input terminal, 
converting the code to indices/That correspond to a plurality 
of decode parameters, output/ting an index corresponding to a 
line spectrum pair, termed/hereinafter "LSP", which represents 
the frequency character i/st i c of the input signal, to an LSP 
decoding circuit, outpi/tting an index corresponding to a delay 
that represents a pi/ch period of the input signal to a pitch 
signal decoding circuit, outputting an index corresponding to 
a sound source vec/ior comprising a random number or a pulse train 
to a sound source signal decoding circuit, outputting an index 
correspond i ng /to a first gain to a first gain decoding circuit, 
and outputti/g an index corresponding to a second gain to a 
second ga i w decod i ng circuit; 

(b) a/n LSP decoding circuit, to which the index output from 
said codi input circuit is input, and which reads the LSP 
corresponding to the input index out of a table which stores LSPs 
corre ^ponding to indices, obtains an LSP in a subframe of the 
present frame and outputs the LSP; 

/ (c) a linear prediction coefficient conversion circuit, to 
whtfch the LSP output from said LSP decoding circuit is input, 
aryd which converts the LSP to linear prediction coefficients and 
o/utputs the coefficients to a synthesis filter; 



73 



25 (d) a sound source signal decoding circuit, to which the 

index output from said code input circi/it is input, and which 
reads a sound source vector corresp on d ing to the index out of 
a table storing sound source vectors corresponding to indices, 
and outputs the sound source vec/tor to a second gain decoding 
30 c i r cu i t ; / 

(e) a second gain decoding circuit, to which the index 
output from said code inpu/t circuit is input, and which reads 
% a second gain corresponding to the input index out of a table 
storing second gains corresponding to indices, and outputs the 
]|35 second gain to a smoothing circuit; 

ftj (f) a second g/in circuit, to which a first sound source 

J\ vector output from/said sound source signal decoding circuit and 
H the second gain a/e input, and which multiplies the first sound 

source vector b/y the second gain to generate a second sound 
ET40 source vector/and outputs the generated second sound source 

vector to an/adder; 

(g) a nlemory circuit holding an excitation vector input 
thereto f ram said adder and outputting a held excitation vector, 
which was/input thereto in the past, to a pitch signal decoding 

45 circuit;/ 

(h) / a pitch signal decoding circuit, to which the past 
excitatfion vector held by said memory circuit and the index 
output/from said code input circuit are input, with said index 
specifying a delay, and which cuts out vectors of samples 
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corresponding to a vector length from a po i n txp rev i ous to the 
starting point of the present frame by an amount corresponding 
to the delay to thereby generate a first/pitch vector, and 
outputs the first pitch vector to a f/rst gain circuit; 

(i) a first gain decoding circui/t, to which the index output 
from said code input circuit is Lnput, and which reads a first 
gain corresponding to the inpu't index out of a table storing 
first gains corresponding to /n dices, and outputs the first gain 
to a first gain circuit; 

(j) a first gain ci/cuit, to which the first pitch vector 
output from said pitch signal decoding circuit and the first gain 
output from said firsj gain decoding circuit are input, and which 
multiplies the inp^t first pitch vector by the first gain to 
generate a second/pitch vector, and outputs the generated second 
pitch vector to/said adder; 

(k) an adder, to which the second pitch vector output from 
said first ga/i n circuit and the second sound source vector output 
from said second gain circuit are input, and which calculates 
the sum of /these inputs, and outputs the sum to a synthesis fi Iter 
as an excitation vector; 

(I/) a smoothing coefficient calculation circuit, to which 
LSP output from said LSP decoding circuit is input, and which 
calcinates average LSP in the present frame, finds the amount 
of yfluctuat ion of the LSP with respect to each subframe, finds 
a/smoothing coefficient in the subframe, and outputs the 
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smoothing coefficient td a smoothing circuit; 

(m) a smoothing circuit, to which the smoothing coefficient 
output from said smoothing coefficient calculation circuit and 
the second gain output Trom said second gain decoding circuit 
are input, and which finds an average gain from the second gain 
in the subframe, and outputs the second gain; 

(n) a synthesis f/ilter, to which the excitation vector 
output from said adder and the linear prediction coefficients 
output from said linear prediction coefficient conversion 
circuit are input, anil which drives a synthesis filter, for that 
the linear prediction coefficients have been set, by the 
excitation vector to thereby calculate a reconstructed vector, 
and outputs the reconstructed vector from an output terminal; 
and 

(o) a smooth i ng-quan t i ty limiting circuit, to which the 
second gain outpu/t from said second gain decoding circuit and 
the smoothed seco ; nd gain output from said smoothing circuit are 



input, and which/ finds the amount of fluctuation between the 
smoothed second gain output from said smoothing circuit and the 
second gain output from said second gain decoding circuit, 
outputs the smoothed second gain to said second gain circuit as 
is when the amount of fluctuation is less than a predetermined 
threshold valine, replaces the smoothed second gain with a 
smoothed secoiid gain limited in terms of values it is capable 

of taking on when the amount of fluctuation is equal to or greater 

I 

i 
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than the threshold value, and outputs this smoothed second gain 
to said second gain circuit/. 

42. The apparatus according to claim 41, further comprising: 
(p) an excitation-sig/nal normalizing circuit, towhichan 
excitation vector in a sub/frame output from said adder is input, 
and which calculates gairyand a shape vector from the excitation 
vector every subframe or every sub-subframe obtained by 
subdividing a subframe/ outputs the gain to sa i d smooth i ng 
circuit, and outputs the shape vector to an excitation-signal 
reconstruction circuit; and 

(q) an excitation-signal reconstruction circuit, to which 
the gain output from said smoo t h i ng-quan t i t y limiting circuit 
and the shape vect/or output from said excitation-signal 
normalizing circurt are input, and which calculates a smoothed 

excitation vectoi/, and outputs this excitation vector to said 

j 

memory circuit a^nd to said synthesis filter; 

(r) whereitf said smoothing circuit has the output of said 
excitation-si gr/a I normalizing circuit input thereto instead of 

the output of laid second gain decoding circuit and has the 

/ 

output of said ^smoothing coefficient calculation circuit input 
thereto ; / 

(s) said/ smoo th i ng-quan t i ty limiting circuit has the 
smoothed gain output from said smoothing circuit applied to one 
input terminal thereof and has the gain output from said 
excitation-signal normalizing circuit, rather than the output 
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of said second gain decoding circuit, applied to the other input 
terminal thereof, finds the ainount of fluctuation between the 
smoothed gain output from saifd smoothing circuit and the gain 
output from said excitation-signal normalizing circuit, 
supplies the smoothed gain as is to said excitation-signal 
reconstruction circuit when/the amount of fluctuation is less 
than a predetermined thresh o/ld value, replaces the smoothed gain 
with a smoothed gain limited in terms of values it is capable 
of taking on when the amount/ of fluctuation is equal to or greater 
than the threshold value, And supplies this smoothed gain to the 
excitation-signal reconstruction circuit; and 

(t) the output of s aii d second gaindecoding circuit is input 
to said second gain circuit as second gain. 

43. The apparatus according to claim 42, further comprising: 
a power calculation circuit, to which the reconstructed 

vector output from safid synthesis filter is input, and which 

/ 

calculates the sum o^f the squares of the reconstructed vector 
and outputting the power to a voiced/unvoiced identification 



circuit; 



a speech mode decision circuit, to which a past excitation 
vector held by sai^d memory circuit and an index specifying a 
delay output from/said code input circuit are input, and which 
10 calculates a pitc/i prediction gain in a subframe from the past 
excitation vector and the delay, determines a predetermined 
threshold value with respect to the pitch prediction gain or with 
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respect to an in-frame average value of the pitch p rXd i c t i o n gain 
in a certain frame, and sets a speech mode; 
15 a voiced/unvoiced identification circu/t, to which an LSP 

output from said LSP decoding circuit, the speech mode output 
from said speech mode decision circuit a/d the power output from 
said power calculation circuit are Lnput, and which finds the 

amount of fluctuation of a spectrum parameter, identifying a 

/ 

20 voice segment and an unvoiced segment based upon the amount of 
fluctuation, and outputs amount-of-f I uctuat ion information and 
an identification flag; / 

a noise classificati circuit, to which the amount-of- 
fluctuation i n forma t i on^/nd identification flag output from 
said voiced/unvoiced identification are input, and which 
classifies noise and /ou tpu t t i ng a classification flag; and 

a first changeover circuit, to which the gain output from 
said excitation-sijgnal no rma I i z i ng c i r cu i t, the identification 
flag output from/said voiced/unvoiced identification circuit 
and the classification flag output from the noise classification 
circuit are inpiit, and which changes over a switch in accordance 
with a value/of the identification flag and a value of the 
c I ass i f i ca t/on flag to thereby switchingly output the gain to 
any one of/ a plurality of filters having different filter 
charac tern st i cs from one another; 

wherein the filter selected from among said plurality of 
f i I t e r/s has the gain output from said first changeover circuit 
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applied thereto, smoothes the gain using a MneaT filter or 
non-linear filter and outputs the smoothed g/n to said 
smooth i ng-quant i ty limiting circuit as a f/rst smoothed gain; 
and 

said smooth i ng-quan t i ty limiting/circuit has the first 
smoothed gain output from the selected filter applied to one 
input terminal thereof, has theou tp u t of said excitation-signal 
normalizing circuit applied to the other input terminal thereof, 
finds the amount of fluctuation between the gain output from said 
excitation-signal normalizing circuit and the first smoothed 
gain output from said selected filter, uses the first smoothed 
gain as is when the amaunt of fluctuation is less than a 
predetermined threshol/a value, replaces the first smoothed gain 
with a smoothed gain/limited in terms of values it is capable 
of taking on when th/amount of fluctuation is equal to or greater 
than the thresholc/value, and suppl ies this smoothed gain to said 
exc i tat ion-s ign/l reconstruction circuit. 

44. The appar/tus according to claim 41, further comprising a 
changeover ci/rcuit switching between a mode of using of the gain 
and a mode of using the smoothed gain as the input to said second 
gain circu/t in accordance with a switching control signal, 
which has/entered from an input terminal, when the speech signal 
is decoded. 

45. Tj/e apparatus according to claim 42, further comprising a 
chang/over circuit to which the excitation vector output from 



# » 

80 



aid adder is input, and which o u/f p uts the excitation vector to 
said synthesis filter or to sXid excitation-signal normalizing 
circuit in accordance wi th/a changeover control signal, that has 
entered from an i nput yierm i na I . 

46. The apparatus according to claim 43, further comprising a 
changeover circuia to which the excitation vector output from 
aid adder is \uv ut, and which outputs the excitation vector to 
said synthesis filter or to said excitation-signal normalizing 
circuit in/accordancewith a changeover control signal, that has 
entered/from an input terminal. 



